Abstract-This paper describes a computer-aided design program for analog filter synthesis, FILTER, which enhances the effectiveness of teaching analog filter analysis and design. Initially, FILTER was developed to support related courses in the Department of Electrical Engineering at the University of Wyoming, but eventually its scope went beyond that intent. This program very effectively fills the gap between textbooks, which do not include such computer-aided design, and professional programs, which are not designed for educational use. Essential features of an educational computer program in this field are considered and these requirements are fulfilled in FILTER. The paper can serve as a guide for the reader to launch FILTER and browse through it for the first time with almost no effort.
I. INTRODUCTION
URRENTLY available textbooks [1] - [6] in the area of C analog filter analysis and design do not include a disk with software designed to support the text and increase the effectiveness of teaching the subject. To be easily accepted by students, software for filter design must be simple to use but also needs to be sufficiently advanced, allowing the student to perform the complete design of a moderately complex filter. To fulfill these requirements, the design process needs to include sensitivity analysis and Monte Carlo tolerance and yield analysis. It is important to include the capability of generating files linked to other popular CAD programs like various versions of SPICE, which can perform additional analysis. A menu-driven program should guide the student through the design process, presenting practical solutions for a design assignment.
Because of the need for an educational filter design program, two CAD packages, FIESTA [7] and FILTER [8] , have been developed independently. FILTER has been continuously upgraded and the current version is significantly enhanced in comparison with the version described in [8] . FIESTA has well-developed delay filter synthesis, while FILTER has only Bessel delay filter synthesis. Also, FILTER does not have a built-in Monte Carlo analysis, but instead can automatically generate an input file for PSPICE and in this way the design can be verified, including the Monte Carlo analysis. On the other hand, FIESTA has implemented only one first-order circuit and only the Tow-Thomas second-order circuit. FIL-TER includes fifteen different first-and second-order circuits. In comparison with FIESTA, FILTER has additional features included. It offers the use of polynomial arithmetic, making it helpful in other courses when high-order polynomials need to be solved and when a partial fraction expansion or a continued fraction expansion of a ratio of two polynomials are of interest.
A few other commercially developed packages for filter design are available. They have features similar to FIESTA or FILTER, except that in most cases only a final design can be obtained without being able to examine the design process. It is critical in education to involve the student in each stage of the design. Another advantage of both FIESTA and FILTER is that they were developed for educational purposes and are available at little or no cost for student use.
GENERAL DESCRIPTION OF FILTER
FILTER is a menu-driven program. When the option "Filter synthesis" is chosen from the main menu, the user is given the option of entering specifications from the keyboard or using a file previously stored on a disk. Assume the option "Magnitude specification" has been chosen. The next menu requests the type of filter to be synthesized: lowpass, highpass, bandpass, or band elimination. The succeeding menu is used to enter the specifications of a filter, which needs to be in the normalized form for magnitude attenuation. When the required passband and band elimination frequencies and attenuations are typed in, the menu "Filter synthesis" pops up again and the next chosen step most likely is "Approximation." It offers five approximations to choose from: Butterworth, Chebyshev, Inverse Chebyshev, Elliptic, and Delay. When this selection is done, program FILTER is ready to synthesize the filter. If the option "Results" has been chosen from the menu "Filter synthesis," the menu "Show results" is called and offers:
1) Display data. Several forms of displaying numerical data of the designed filter can be selected. The options are: polynomials, quadratic terms, locations of zeros and poles, or all the numerical data in one screen. It is also possible to review partial results of synthesis at this step or obtain the unit step response or delta Dirac response.
2) Graphics. This option displays in graphical form the locations of poles and zeros in the complex s plane, magnitude and phase responses, or as additional options graphs of delay of the filter and transient response. The scale of the graph can be adjusted if the default scale does not satisfy the designer.
3 ) Print data. This sends all the numeric data related to the synthesized filter to a printer. 4 and a circuit diagram of the filter. This option produces the best choice of circuit realization of the synthesized filter, but allows the user to make modifications in a manual mode. The final circuit can be compiled in a SPICE format, stored on a disk, and used for further analysis by SPICE.
5)
Utilities. This option gives access to the subprogram "Polynomials."
EXAMPLE OF LOWPASS FILTER DESIGN
As an example of the use of FILTER, consider the design ap = 2.2 dB fp = 500 HZ a , = 30 dB fs = 600 Hz.
The required transition band is relatively small, and it of a lowpass filter which has the following specifications:
can be predicted that a Butterworth filter will require a considerable number of stages. As a first alternative, inspect the Chebyshev approximation. After entering the specifications from the menu "Filter synthesis," the option "Print data" was selected. Printout of the data is shown in Fig. 1 represents the unity circle.
When the option "Circuit" is selected, the block diagram and circuit diagram with normalized values of components are displayed as shown in Fig. 3 . The Sallen-Key configuration of the stages is proposed as the default circuit. The circuit realization can be manually altered. About fifteen different first-and second-order circuits are implemented in the FILTER program at present. The program automatically provides a menu with subcircuits which can meet the requirements. The sequence of cascaded stages can be modified, and gain in the passband of the stages can be adjusted until the required total gain is obtained.
Because one of the stages has a high value of Q (almost 15), the Chebyshev approximation will not be used for the final circuit realization. High Q stages are usually sensitive to variations of component values. Because of this, another approximation should be considered. To investigate an alternative design, use the option "Approximation" and choose the "elliptic." In Fig. 4 , the data of the elliptic approximation are listed, as captured from a screen. Similar data can be written to a file using the "Print data" option. In Fig. 5 , the magnitude and phase responses of this approximation are shown, as well as the locations of poles and zeros. Inspecting the data shown in Fig. 4 , we notice that the order of the filter is reduced to n = 4 and the largest Q for this approximation is about 8.6, which is much better than for the Chebyshev realization. The inverse Chebyshev approximation is also examined before the final filter configuration is determined.
The data of the inverse Chebyshev approximation is shown in Fig. 6 . The order of this filter is n = 7, which is greater than with the elliptic filter and the same as the Chebyshev filter. The largest Q is only slightly greater than 4, and this property is taken in the design as more important than the number of stages. Thus, the inverse Chebyshev filter is selected for the final design. Results are shown in Fig. 7 . One can notice that instead of a phase response, the unit step response of the inverse Chebyshev filter is shown to inspect the ringing effect as a result of transients in the input signal. To determine how the sequence of cascaded stages will be composed, from the menu "Filter synthesis" the options "Do synthesis," "Circuit," "Organization of poles and zeros," and finally "Manual" distribution of poles and zeros were chosen. Distribution of poles and zeros used in this example for the inverse Chebyshev approximation is illustrated in Fig. 8 . The sequence of cascaded stages has been altered by varying the pole-zero pairs depicted in the complex plane.
The circuit realization is portrayed in Fig. 9 . From the menu "Circuit," the options "Circuit implementation" and "Create SPICE file" were selected. Various kinds of SPICE files can be created. A sample screen of the SPICE file is shown in Fig. 10 . When the student version of PSPICE is used, one should select the "Ideal operational amplifiers" option so high-order filter designs (more than 10) can be verified with the student version of PSPICE. The PSPICE file with extension .CIR is automatically created and stored in the current directory. 
I v . EXAMPLE OF BANDPASS FILTER DESIGN
In FILTER, a method similar to that described by Antoniou
As an example in which frequency transformation is employed, design of a bandpass filter is selected. The Van Valkenburg textbook [ 11 utilizes the Geffe algorithm, where a complex conjugate pair of lowpass poles is transformed to two complex conjugate bandpass pairs of poles and two zeros at zero. The Geffe algorithm uses a set of coefficients which allow the designer to find the quality factors Q B P~ and Q B P Z , and radian frequencies CdOBpl and WOBpZ of the bandpass poles. The derivation of the Geffe algorithm is rather long, and in teaching bandpass filter design the authors have observed difficulties in student understanding of this transformation.
[3] is used. The transformation of bandpass filter specifications to the lowpass equivalent is performed in the classical way using the relation s2 + w," s=-bw s where S is the dimensionless lowpass generalized frequency, w, is the center frequency as the geometric mean of bandpass frequencies, and bw is the bandwidth specified for the bandpass.
To transform the transfer function obtained in lowpass to the bandpass transfer function, the lowpass transfer function 
two conjugate zerosand one pole at the origin. Both pole and zero transformation use the same formula:
S L~ is a lowpass pole or zero location, and s 1 p is the bandpass complex conjugate pair of poles or zeros after the transformation. Derivation of this method of transformation is very short and easily followed by students. It is also (3) ... faster in application than the Geffe algorithm if students are using calculators with complex arithmetic. The lowpass-toband elimination transformation is usually done in two steps: as lowpass-to-highpass transformation and then highpass-toband elimination transformation. The last transformation is identical to the lowpass-to-bandpass described above.
To illustrate a bandpass synthesis, design a filter with the following specifications: is 18.75. Similar to the case of the lowpass filter described above, the elliptic approximation is of lower order, n = 8, but the highest Q is 16.56. The inverse Chebyshev approximation has the same order as the Chebyshev, but the highest Q is only 5.03. The data of the inverse ChebYshev approximation for the required specifications are presented in Fig. 11 . The magnitude and delay responses are depicted in Fig. 12. .fpi = 1250 HZ f p r = 3200 Hz ap = 2.5 dB v. OPERATIONS ON POLYNOMIALS AND SYNTHESIS OF LADDERS The main menu of the program FILTER gives an alternative of selecting "Polynomials" or the entire program "Filter synthesis." When the option "Polynomials" has been chosen, the succeeding menu gives the following options. fsl = 1053 HZ f s r = 3800 HZ Q, = 30 dB.
The Chebyshev approximation for this specification results in a filter of order n = 10, and the highest Q for a stage IEEE TRANSACTIONS ON EDUCATION, VOL. 35 1) Enter coeflicients of polynomials. Two polynomials can be entered-one is a numerator, the other a denominator. The maximum order of the polynomials is 20, because of the size of the window which can be displayed on the screen.
2) Compute and display roots of the polynomials.
3) Compute and display quadratic and first-order terms of 4) Compute and display derivatives of polynomials. 5) Compute and display the value of a chosen polynomial (the numerator or denominator) for a given value of s. 6) Compute and display partial fractions of the ratio of polynomials. This option is frequently used to find a transient response to unit step or unit impulse excitation for linear circuits with a given transfer function. The partial fraction in the FILTER program can be obtained for both single and multiple roots.
7)
Compute and display a continued fraction of the ratio of polynomials.
The "Continued fraction" option can be used for ladder-type filter synthesis. To illustrate this case, find a ladder representation for a lowpass Chebyshev filter with specifications given by (1). Once the transfer function is found as shown in Fig. 1 and (6) , the input impedance of a ladder-type filter can be found as a ratio of the odd part to the even part of the denominator [ 2 ] . the polynomials.
Using the "Continued fraction" option of FILTER, values of ladder elements can be found. Fig. 13 shows the screen displaying the continued fraction and the corresponding LC ladder circuit. If a double-terminated ladder is designed, procedure is more complicated but the continued fraction expansion is still used [l] . The ladder prototype is very important in modern filter design. This kind of circuit is less sensitive to parameter variations than cascade-type circuits as described in previous sections. Ladder prototypes are also used in the "leap frog" analog filter design, switched capacitor filters, and switched current filters.
VI. MONTE CARLO ANALYSIS
Another major advantage of using the FILTER program in teaching active synthesis is that it provides a linkage to SPICE. The filter resulting from a given design can be verified using Monte Carlo simulation. Sensitivity analysis is typically included in active synthesis courses. This technique of determining the effects of variations in any component value needs to be included in the design process of an electronic circuit. It not only demonstrates that for given design parameters one realization will be less sensitive to parameter variations than another, but also provides a measure for such comparisons. Also, tuning strategies for filters can be evaluated in this way. However, sensitivity analysis has some limitations. Sensitivity of the WO or Q of a given second-order stage does not easily transform to the effects on the transfer function of a higher-order filter implementing this stage. Mathematical manipulations required to reduce the final expression to a usable form are tedious, and in a teaching process can be used only for simple circuits. Combined with sensitivity analysis, Monte Carlo simulation of circuit performance provides a powerful tool to help students study the effects of circuit component variations on the overall filter performance. The program allows the student to specify the tolerance of circuit elements and then repeatedly analyze the circuit for randomly selected values of the components within the specified tolerances. When the resulting frequency response curves are plotted, they provide graphical representations of the circuit performance that are substantially beyond anything provided by sensitivity analysis.
A simple example of the Monte Carlo analysis of a circuit gives a better understanding of how powerful this technique is. Let us now return to the design example given in Section IV. The Chebyshev approximation was not considered further in this example because it was predicted that stages with high Q are sensitive to component value variations. The student can quickly verify this in such a circuit using the Monte Carlo simulation. Results of such simulation for the Chebyshev approximation of the example described in Section IV are shown in Fig. 14. Characteristics of the circuit selected for this example are shown in Fig. 12 . The results of Monte Carlo simulation for this circuit are shown in Fig. 15 . This clearly illustrates the advantage of the selected circuit and lets the student see the importance of considering the effect of parameter variation on final circuit performance.
VII. CONCLUSIONS
The examples described above demonstrate the main attributes of the program FILTER. The program supports designing of lowpass, highpass, bandpass, or band elimination filters. Application of the program FILTER in filter analysis and synthesis courses has an unquestionable impact on the quality of teaching. A student can solve a number of complex design problems, which helshe would never solve even with the aid of a MATH-CAD program. The experience gained in the filter analysis and synthesis with the help of this program cannot be replaced by laboratory work. By solving a number of properly selected problems, the student learns the properties of various filter implementations, can make a reliable choice of filter approximation, and perform a full design of the chosen filter configuration.
At the University of Wyoming, FILTER supports two courses in analog filter design on introductory and advanced levels. In both courses, the Van Valkenburg text [1] is used. This tool is not essential in an introductory course, which includes only Butterworth and Chebyshev approximations, but it can be helpful for an instructor and for students. In the introductory course, computer programs like MATH-CAD or TK-SOLVER can also be used, but the FILTER program significantly reduces the time and effort of the student, and he/she can concentrate on the filter design problem without being involved in the procedure of computing and displaying the results. Teaching analog design is more effective when computer simulation supports the laboratory work. Students in the advanced course have a chance to try their own ideas before an entire computer-aided design will be executed. The program substantially enhances the effective teaching of more complex filters such as delay, elliptic, and ladder forms. They cannot only obtain fast solutions for elliptic or Inverse Chebyshev filters but they can explore many different circuit implementations and compare the results. Also, they can verify the design using linkage to the PSPICE program with Monte Carlo analysis.
The FILTER program is available in the EE microcomputer lab, and is also used by students taking other courses such as "Linear System Analysis" or "Signals and Systems." In these cases, students use the polynomial arithmetic or transient analysis features. In the "Digital Filter Design" course, students obtain analog prototypes using the FILTER program.
The program is written in PASCAL, and contains about 8000 lines of source code, 80% of which is devoted to menudriven operations. It operates on IBM-compatible personal computers and requires CGA, EGA, VGA, or Hercules graphics adapters. Anyone with a little experience with menu-driven programs can use it without any manual. Almost no time Wvoming. where he is ( Stanislaw F. Legowski are in the areas of verification ind applications of analog and digital integrated circuits, as well as analog and digital systems design. For the last several years, his research has been devoted to power electronics.
